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GERAN continued evolution

1 Introduction

GSM/EDGE as a system has almost 15 years of operation and continued development. The system today has more than 1.2 billion subscribers worldwide and all countries except four have live GSM systems. The footprint of GSM/EDGE is thus both in terms of users and coverage very good.

It is therefore important to continue to evolve GSM/EDGE to allow operators to leverage on their installed GSM/EDGE base and provide enhanced services at a very reasonable cost, as a stand-alone system or as a seamlessly inter-working complement to other radio-access technologies. Therefore, it is proposed to start a feasibility study evaluating the potential of further evolution of the GSM/EDGE system [1].

To aid the completion of the feasibility study in time, this document proposes a set of measurable goals (see section 2.1). An agreed scope and ambition level will facilitate a focused and more efficient work. It will also help in the selection of the features, which will proceed to standardisation. The purpose of a GERAN evolution is of course to provide enhanced services to the end user. Section 2.2 briefly relates the goals to some important services. Section 2.3 defines a few pre-requisites that should be taking into account during the review of the functional enhancements. One important matter is of course the re-use of hardware as GSM has a very large footprint and investments have been made. Finally, section 3 suggests a number of potential candidates to be studied.

2 Scope of GERAN evolution

2.1 Goals

It is of course difficult to quantify the targeted gains of enhancements related to the GERAN evolution work item, but as a guideline, the following is proposed:

· Increase the data rates in mean by 50 % and provide high data rates over the whole cell

· Increase spectrum efficiency for speech by 30 %

· Improve speech coverage and “data service coverage” by 50 %

· Decrease access time
 (first PING) below 500 ms

· Decrease latency
 (secondary PINGs) below 100 ms

2.2 Services

The general objectives of are to improve service performance and to provide efficient bearers. Due to latency requirements and the type of services, both acknowledged and unacknowledged bearers/applications should be considered. Some examples of services considered are given below.

· Best-effort services (like web browsing and file download) typically gain from increased mean bit rates, but also gain from reduced latency.

· Conversational services like Voice over IP (VoIP) and enhanced Push to talk over Cellular (PoC), as well as, e.g., on-line gaming services typically have high requirements on latency and fast access.

· All services may gain from improved coverage. One particular service where coverage needs to be improved is video telephony.

· Particular requirements may be set by services like broadcast TV over MBMS bearers. Typically, high bit rates are required at the same time as robustness is important to fulfil coverage and latency requirements.

2.3 Evolution – not revolution

In order to leverage on the installed base and enable improved services at an attractive cost, BTS hardware impact should be avoided. Further, it is essential that co-existence and efficient radio resource sharing with legacy equipment is possible.

3 Candidates for further study

There exist numerous possibilities to further evolve the GSM/EDGE system. Below a number of examples are given. It is proposed that these are further studied in order to assess whether some of them are feasible for inclusion in the standard.

3.1 Dual-antenna terminals

Receive diversity provided by multiple antennas has been utilized in base stations for a long time. Since recent development in RF technology indicates that dual-antenna terminals may be feasible, similar methods could be employed in terminals to improve downlink performance.

Unlike single-antenna interference cancellation (SAIC) techniques, dual antennas will improve performance in sensitivity-limited scenarios (and thereby coverage). A sensitivity gain of 3-5 dB can be anticipated.

Further, dual antennas can be combined with interference cancellation to improve speech capacity and mean data rates substantially. Unlike SAIC, substantial gains are possible also for 8PSK modulation. While gains for the individual user are immediate, system gains will increase with the terminal penetration.

It should be noted that, similar to DARP, it is not a particular receiver algorithm that is standardised but performance requirements. Further, dual antenna terminals require standard modifications for conformance testing.

3.2 TTI reduction

Today, frequency diversity is achieved with frequency hopping and interleaving of one radio block over four consecutive bursts on one timeslot, giving a transmission time interval (TTI) of 20 ms. Reduction of the TTI can give substantial reductions of the latency. This can be done either by reducing the radio block size to less than four bursts, or by mapping a radio block onto two or more timeslots in a multi-slot configuration. For both these options, latency is improved at the cost of reduced frequency diversity. Reduced TTI is discussed further in section 3.7.

3.3 Improved ACK/NACK reporting

Currently, the RLC/MAC ACK/NACK reporting is a time consuming procedure. This is especially true for downlink transfers. Since each PDAN (packet downlink ACK/NACK report) steals bandwidth in the uplink, polling for PDAN must not be too frequent. Typically, the BSS periodically polls the MS. Considering this, it is realistic that it takes around 150ms from an RLC block is considered lost in the MS until the PCU realizes it. This is a large problem especially considering delay sensitive applications, such as PoC. Consider also that in RLC Acknowledged mode the LLC layer in the receiver applies “in-order-delivery” to upper layers, meaning that a single lost RLC data block will delay all consecutive LLC packets until this RLC data block has been successfully transmitted.

It should be investigated if event-based ACK/NACK reporting could be used in some cases to reduce the latency. This means that a PDAN is sent without explicit polling; instead the MS initiates the transmission of a PDAN when it determines that one or more RLC PDU:s are missing (obeying normal USF scheduling rules). To avoid filling up the uplink with PDANs (and thereby blocking a concurrent uplink TBF), restrictions of the frequency of event-based PDANs must be defined.

Another possibility is to piggyback reduced-size ACK/NACK reports onto the PDTCH blocks. Currently, there are some spare bits in the uplink RLC/MAC header that could be considered for this purpose.

3.4 Mobility improvements

Functionality to handle user mobility is a fundamental component in cellular networks. From a service quality perspective, such functionality must ensure that service continuity is maintained as users move from one cell to another during an active session, and that each new session is established in a sufficiently good radio environment. From a spectral efficiency perspective, such functionality should ensure that an active user is always served by the most appropriate base station, which typically means the closest base station in a radio sense.

Handling user mobility involves three steps: measurements to help determine whether a change of cell is necessary, processing of the measurements in order to reach such a decision, and the actual action of changing the cell. These steps are necessary in both active mode and idle mode for both speech and data, but with differing processes and requirements in each case. While the processing is an implementation issue, the measurement procedures and the execution of the cell change are determined by the standard.

In idle mode, the main limitation at the present time appears to be that the current requirements on mobiles camping on the most appropriate cell are too weak for a tight reuse environment. Many active sessions are initiated in a sub-optimal cell creating extra interference and leading to service interruptions, e.g. dropped calls. The potential disadvantage of tightening these requirements is that standby times may be decreased to some extent.

In active mode, bottlenecks for performance have been identified both in the measurement procedures and the execution phase for both speech and data. Neighbour cell measurements are slow and inaccurate since only total received signal strength is measured and neighbour cell identification is performed separately and infrequently through Base Station Identity Code (BSIC) decoding. This issue has been addressed before but no conclusion has been reached. The execution phase is also being addressed for speech, by means of the Repeated Downlink FACCH. Without improvements in the measurements, however, the gains in spectral efficiency and service quality are likely to be limited since cell change decisions will still be too late or incorrect.

3.5 16-QAM

Higher order modulations should be considered for both uplink and downlink. 16-QAM can increase peak rates and, more importantly, increase the coverage area of the medium-to-high bit-rate coding schemes (MCS-7, MCS-8 and MCS-9) by enabling channel codes with lower code rate. E.g., comparing the current MCS-8 and MCS-9 with corresponding 16-QAM modulation/coding schemes with the same peak data rates, a link gain of about 5 dB can be expected.

3.6 Access time reductions

Several services would benefit from a reduced access time. Means to accommodate this should be investigated.

One possible improvement could be to enable a combined setup of an uplink and downlink TBF. Currently there is no way to do this over the CCCH using Immediate Assignment or over PCCCH using Packet UL Assignment. While in packet transfer mode both a DL and an UL assignment can be ordered using the RLC/MAC message Packet Timeslot Re-configure. However, currently this can only be used when contention resolution has been completed. The suggestion is to find a procedure to be able to set up both DL and UL TBF directly as a response to a channel request, on the CCCH/PCCCH.

3.7 Multi-carrier EDGE

Multi-carrier EDGE means that multiple EDGE carriers on independent carrier frequencies (or MAIO:s in the frequency hopping case) are received by the same terminal. A straightforward solution would be to split the data flow onto multiple carriers below RLC. This could be seen as a natural extension to the multi-slot principle, where a multi-slot allocation is now allowed to span across more than one carrier.

The most obvious benefit of multi-carrier EDGE is that it overcomes one limitation of the GSM radio interface – the 200 kHz carrier bandwidth. This limitation puts a restriction on the rate of data transfer to one and the same user, and is the fundamental difference between GSM/EDGE and other radio access technologies such as WCDMA. Multi-carrier EDGE gives increased flexibility in how the system throughput is divided among users. The benefit of this is primarily an immediate data rate increase to the individual user throughout the cell, secondarily an increase in the spectral efficiency, similar to HSDPA in WCDMA.

However, there are also other advantages of multi-carrier EDGE. Combined with a modified burst mapping, multi-carrier EDGE can give significant latency reductions. Today, frequency diversity is achieved with frequency hopping and interleaving of one radio block over four consecutive bursts on one timeslot, giving a transmission time interval (TTI) of 20 ms. By mapping the four bursts onto two consecutive timeslots on two parallel carriers, the TTI can be reduced to 10 ms – without sacrificing frequency diversity. Similarly, quadruple-carrier EDGE can be used to reduce the TTI to 5 ms.

Another possible utilisation of multi-carrier is to increase the frequency diversity without modifying the TTI, by interleaving over more than four bursts. This would improve robustness and coverage.

Multi-carrier EDGE bearers can be multiplexed with current GPRS/EDGE bearers on the same physical channels. Since the carriers of one multi-carrier constellation are allowed to be non-adjacent, it should not impact current frequency plans. A major advantage is that high bit rates can then be offered even in tight-reuse networks without having to use a separately planned channel group with sparse reuse.

4 Conclusions

It is suggested that the feasibility study incorporates an agreed set of measurable goals to aid the selection of new functionality. An agreed scope and ambition level will facilitate a focused and more efficient work. It will also help in the selection of the features to proceed to standardisation. A proposal is included in this paper.

It is also important to evolve GERAN in a smooth and backwards compatible manner. Co-existence and efficient radio resource sharing with legacy equipment must be guaranteed. Further, hardware changes in BTS should be avoided.

A set of potential candidates for an evolved GERAN has been described:

· Dual-antenna terminals

· TTI reductions

· Improved ACK/NACK reporting

· Mobility improvements

· 16-QAM

· Access time reductions

· Multi-carrier EDGE

It is proposed that these be included as study items in the feasibility study.
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� The access time is a measured as the PING time, i.e., the roundtrip time between the end-points (i.e., including CN nodes etc.), when a TBF is not allocated.


� The latency is a measured as the PING time, i.e., the roundtrip time between the end-points (i.e., including CN nodes etc.), when a TBF is allocated.
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